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heard during broadcasts were measured with the Moni-
tor and assessed by the psychoacoustic test panel, show-
ing good agreement. One of the questions needing fur-
ther study is how will the frequency response of typical
radio receivers alter the significance of the Loudness
Monitor readings? Another is how well will the Monitor,
connected to a sound level meter, indicate the loudness
level of common sounds? With the introduction of the
Loudness Level Monitor, an important step has been
taken toward a correct and objective evaluation of the
sensory loudness level of both the steady-state and
impulsive sounds.
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The Transient Distortion of Loudspeakers
and Its Evaluation

TOMAS SALAVA

Abstract—The paper first briefly explains the causes of a con-
siderable distortion of tramsient signals by electroacoustic trans-
ducers and reviews the methods used to investigate this type of dis-
tortion. Also discussed are certain questions of perceptibility and the
importance of the transient distortion. There follows a brief descrip-
tion of preliminary listening tests with piano tones, carried out in
order to examine certain disputable statements. Preliminary conclu-
sions are drawn for the evaluation of transient distortion from the
point of the perception of transient signals in music and speech.

I. INTRODUCTION
ELECTROACOUSTIC transducers produce a rela-

tively high amount of transient distortion, result-

ing mainly from the vibrations of the active
mechanical elements. The highest values of this type of
distortion occur in loudspeakers, especially in the con-
ventional cone types. A distortion of transient signals
originates in this case primarily as a consequence of the
diaphragm’s self resonances. Because of the relatively
low damping of the vibrations and, at the same time,
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the relatively high density of the modes, particularly
in the range of the medium and higher audio frequen-
cies, there 1s produced a considerable distortion of
transient signals, evident on an oscillograph as a change
of the wave shape.

It is obviously possible to reduce, by suitable design,
the influence of the vibrations of the diaphragm to a
minimuim.

Under certain conditions, however, it is more expe-
dient to make a suitable use of the diaphragm’s self
resonances. Utilizing them, it is possible, for instance, to
obtain an increased frequency range of the loudspeaker,
or even a desirable modification of the frequency re-
sponse, etc. In view of this, the diaphragm’s self res-
onances should not always be reduced to an absolute
minimum; it is preferable, in most instances, to reduce
them to a value suited to each particular case. To this
purpose it is, however, necessary to work out the cor-
responding criteria and methods of measurement and
assessment of the above type of distortion. In view of
this, an increasing attention has been paid lately to the
problems of distortion of transient signals by electro-
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acoustic transducers, both from the viewpoint of the
physical function of the transducer and from that of its
influence upon the perception of the sound quality.

[I. A REVIEW OF THE METHODS USED IN THE INVESTI-
GATION OF THE TRANSIENT DISTORTION

As has been stated above, an optically observed dis-
tortion of transient signals originating in electroacoustic
transducers may be of a considerable magnitude. The
studies concerned with this fact date as far back as
1937.11.120 Of especial importance is the study under-
taken by Shorter,i which was published in 1946.
Shorter uses for his investigations an interrupted sine-
wave signal, and he investigates the decay of the re-
sponse at moments when the exciting signal has been
interrupted. For evaluation of the transient distortion
Shorter proposed a continuous recording depending on
the frequency of the exciting signal. The values of the
decay amplitudes are recorded at certain intervals after
an interruption of the exciting signal (for instance, after
5 ms, 10 ms, 15 ms, etc.). The transient distortion is
then characterized by a usual frequency response sup-
plemented with a family of the decay characteristics.
For this way of expressing transient distortion there is
proposed and described a practical method of measure-
ment. So far, Shorter does not take into account to any
particular extent an evaluation of the transient distor-
tion from the point of view of influence on the quality
of sound.

As regards the physical function of a loudspeaker, the
method proposed by Shorter suffers from one basic de-
ficiency in that the moment of interruption of the excit-
ing signal is not sufficiently defined. Moreover, with the
exception of outstanding simple resonance the course
of the decay is irregular, and a record of the amplitude
only at certain intervals is also considerably doubtful.
The shortcoming thus lies in the fact that the method
of measurement does not clearly describe the decay
phase of the response and is based on a “manual” com-
pensation of the decay on a screen (the auxiliary voltage
for a recorder being then derived from this compensa-~
tion). Consequently, a further attempt was made to
describe the transmission properties of the loudspeakers
for transient signals in other ways, such as supplement-
ing the frequency response of the acoustic pressure am-
plitude with an additional phase characteristic or with
the group-delay characteristic.:81 These attempts are
based on a theory of circuits, elaborated primarily for
circuits with concentrated elements. Such a description
of the transient properties of loudspeakers has, however,
only a limited applicability.

In 1950, Corrington!® published a new method for
measuring the transient distortion of loudspeakers,
which so far has been the most widely used. An inter-
rupted sine wave is again used as an exciting signal. The
interruption, however, is performed regularly for a time
which always corresponds to a definite and permanent
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number of cycles, the exciting signal always being
switched on for the same number of cycles.

The switching-over itself is performed electronically
in such a way as to make the instant of the switching-
over action coincide with passage of the original si-
nusoidal signal through the zero value.

As a criterion of quality Corrington takes the mean
value of the loudspeaker’'s response decay, that 1s, the
mean value of the signal radiated by the loudspeaker at
the time when the exciting signal is interrupted. The
equipment used by Corrington is described by Kidd.!"
An exciting signal interrupted, for instance, after
each 4 or 16 cycles is obtained with this equipment;
and in the second part of the instrument, only those
parts are keyed out of a signal coming from the mea-
suring microphone that correspond to the decay at
the times when the exciting signal is interrupted. The
mean value of the decay is then recorded in dependence
on the frequency under the conventional frequency re-
sponse (of a steady state). A criterion of the quality is
the difference of levels of the two recordings. This
method has been adopted, for instance, by the Philips
Company.®

Corrington also investigated the influence of transient
distortion on the quality of sound reproduction and he
stated!¥ a very approximate conclusion, according to
which any loudspeaker with less than 10 or 12 percent
transient distortion (more exactly with an 18- to 20-dB
difference between the steady-state frequency response
level and the level of the mean value of the decay when
the exciting signal is interrupted alter each 16 cycles)
will be comparable to the best available. However, the
Corrington method has an importance primarily in the
investigation of the physical function of loudspeakers,
and for this purpose it was designed by the author in
1960.19 But, instead of the originally proposed mean
value of the decay, it 18 more advantageous to record
the rms value which is more decisive, particularly where
the courses of the decay are more complex. Where a
record of the rms value is supplemented with an addi-
tional record of the peak value, it 1s possible to deter-
mine from the two recordings, for instance, the damp-
ing of the vibrations of the cone and the starting ampli-
tude of the decay.

All of the above methods have been concerned so far
only with the decay values of transducers. These are,
however, in an overwhelming majority of cases, super-
imposed by reverberation. It is therefore necessary to
trace the influence of transient distortion upon the
quality of sound rather than on the signal buildup,
which is much better preserved in listening rooms. In
view of this, there has been designed and manufactured
by the author an apparatus that makes it possible to
record continuously the build-up distortion of an inter-
rupted sinusoidal signal in the succession of individual
cycles, this being realized continuously in dependence on
frequency. By means of this apparatus it has been pos-
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sible to obtain a series of curves, corresponding to the
amplitude, by an output signal during the first, second,
ete. cycle following the switching-on of the signal. From
these curves it has been possible to reconstruct the
course of the buildup of the resulting acoustic signal for
any frequency. The smaller the build-up distortion is, in
this case, the nearer all the curves are to the final record
of a steady-state response. (%

The latest of the more comprehensive papers dealing
with the problems of transient distortion and offering
relatively important conclusions!!!! was published in
1961. The authors, Larson and Adducci, also base their
considerations on the discovery that the decay is over-
shadowed by reverberation. They claim additionally
that for familiar sounds, such as music, the ear will tol-
erate gross distortion of the wave envelope of a degree
greater than those transients produced by the worst
loudspeakers.

IIl. EXPERIMENTAL PART

For an examination of the statements by the two
authors!™! dealing with the perceptibility of the tran-
sient distortion, a number of experiments were per-
formed. The first was intended to verify the most im-
portant conclusion that had been taken over from
Schaeffer.[® He stated that, after as many as 50 ms
have been removed from the start of a piano tone, the
resulting alternation of the tone quality will still remain
imperceptible. This, however, contradicts, for Instance,
the results of the studies!'¥ where a detailed analysis of
piano tones is undertaken from the sound quality
aspects.

For the performance of these experiments there were
first recorded sequences of test tones played on a grand
piano in the studio of the Czechoslovak Broadcasting
Corporation. The recording was made by a small ribbon
velocity microphone, Tesla-AMP-260. The frequency
characteristic of the microphone used, with a high-tone
correction, was +2 dB in a band of 50 Hz—18 kHz.

The recording was made at a velocity of 76 em/s on
a Telefunken portable studio tape recorder and played
back on a 31/10 Philips tape recorder. The resulting
playback frequency characteristics of the two units are
within £1 dB in a band of 50 Hz—12 kHz. Used for
reproduction were a Jensen (G 610 Triaxial loudspeaker
with a compression-type unit for the ran ge from 400 Hz
upward and a compression-type tweeter for the range
from 7 kHz upward. This type of loudspeaker showed,
relatively speaking, a very low transient distortion. The
frequency characteristic measured in the window of an
anechoic chamber, after a bass correction and an adjust-
ment of the levels of the individual systems, was situ-
ated within +3 dB in a range of 60 Hz to 13 kHz. The
resulting playback characteristic of the whole system
was in the range of 80 Hz to 12 kHz within +3 dB. A
level of the maximums at the beginnings of the strokes
of 10 dB below the nominal input voltage of the tape
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recorder was maintained during the recording. During
the playback, the maximum power mput to a loud-
speaker was one-tenth of the nominal input. Under
these conditions, the harmonic distortion did not ex-
ceed the value of 2 percent over the entire frequency
range.

A series of tones were recorded, each of them made up
of 10 double strokes of the MF intensity, either single
notes or quintaccords. For each second stroke the
buildup was modified or the two strokes were left with-
out any modification whatever. The listeners were
asked to determine when the 2 tones of the pair sounded
exactly alike and when there was a difference between
them.

The build-up modifications were arranged in such a
way that through a manual shifting of the tape there
was first located the exact beginning of the stroke. From
this beginning a length was then measured that corre-
sponded to a set time interval; either the section within
the marks was cut out exactly at right angles to the
direction in which the tape moved and the tape was then
joined again by means of the BASF adhesive recorder
tape, or, alternately, the beginning was adjusted by a
slanting cut, as shown in Fig. 1. The hatched portion
was removed, the two parts of the tape were placed to-
gether and joined by the BASF adhesive tape. In this
way, either a part of the recording up to a certain time
interval from the beginning of the tone was removed or
a larger or smaller modification of the tone or accord
buildup was achieved. Fig. 2 shows an oscillographic
record of the buildup of a standard musical pitch
(440 Hz) produced by a stroke of an approximate MF
intensity. Fig. 3 shows the oscillographic record of a
buildup modified by a slanting cut of the tape a length
of 100 m/s. For the listening tests a tape was made
up with 10 series, each of which consisted of 9 pairs
of strokes. Before the test was started, the listeners
were instructed to concentrate upon the character of the
beginning of the two tones, the first two series having
been played on trial. The results of these first tests are
shown in Fig. 4. The chart has been compiled according
to data furnished from a total of 18 judgments for each
case. I'rom the figure it is first of all evident that a par-
ticular difference exists between the perceptibility of the
“perpendicular cut” (so-called “tape editing”) and the
“slanting cut.” A perpendicular cut up to 50 m/s is not
perceptible at all in this case, while the slanting cut was
perceived by listeners in 12 instances out of a total of
18. This is undoubtedly due to the fact that the buildup
of a piano tone is itself very swilt, so that the removal
of a small portion of the buildup does not mean any ap-
preciable change of perception of the tone quality.

In the first tests, the influence of a training or a sort
of auditory experience on the part of the listeners was
great. In illustration, Fig. 5 shows the results of a test
performed with a well-trained listener and of another
test with another listener who did not receive more than
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*
beginning of the slroke

Fig. 1. Method of build-up modification by the slanting
cut of the tape.

Fig. 2. The buildup of the standard musical pitch as struck
on a concert grand piano—stroke “MF.”

Fig. 3. The signal from Fig. 2, modified by the slanting cut
of the build-up portion of the tape to a length of 100 ms.
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Fig. 4. Perceptibility of a modification through a
perpendicular and a slanting cut.
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Fig. 5. Influence of the auditive experience of a listener
on the perception of the build-up waveform.

a verbal instruction. For a definite evaluation 2 more
tests with 10 trained listeners were performed.

The results for the ¢/ 264 Hz, ¢’ 445 Hz, and o'' 869
Hz are plotted in Fig. 6. They represent a value express-
ing the proportion of judgments indicating a different
sound (different buildup) independence on the length of
the cut. From the figure one clearly realizes a depen-
dence of the perceptibility of a cut of an identical
length on the frequency, as well as the fact that even a
modification over a length as short as 15 ms already has
a relatively high percentage ol perceptibility.

In order to convey an idea of these values, let us at-
tempt an approximation of a slanting cut by an expo-
nential buildup. As an optimum, let us assume a time or
duration of the cut equivalent to 1% time the reciprocal
value of the build-up constant §. With the length of cut
in seconds defined as [, it is possible, under the given
conditions, to regard the slanting cut as a sort of tran-
sient distortion produced by the resonance circuits, so
that the build-up constant can be described thus:

5 L )
3 t-f
where 8 is the build-up constant, { is length of the cutin
seconds, and f is the frequency in hertz. Between the
build-up constant or the damping constant of an output
signal and the quality factor Q of the resonance circuit
exists the following relationship:

Q=—=r—_tf. @

It is then possible to draw up, as an annex to the graphic
representation in Fig. 6, a table of approximate equiva-
lent values for the basic tone (Table I).

In order to be able to remove a distortion ol the
buildup produced by a slanting cut of the tape, i1t would
be necessary to use a series of resonance circuits for the
individual harmonics. The quality factor of these cir-
cuits would have to increase proportionately to fre-
quency.

It is obvious that a modification of the buildup by a
cut of the tape does not come too close to an authentic
transient distortion of the buildup in loudspeakers,
where the damping of the diaphragm'’s self resonances
usually decreases only little with the frequency. How-
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Fig. 6. Perceptibility of a slow-down of a piano tone buildup.

TABLE 1
Frequency of the basic tone
Perceptibility 97, Quantity — —
890 Hz 445 Hz 264 Hz
100 t ms 30 50 80
3 equiv. 0.056 0.068 0.071
Q equiv. 56 47 44
{ ms 15 20 30
50 8 equiv., 0.11 0.17 0.19

Q equiv. 28.5 16.5

18.5

ever, it should be taken into consideration that the
equivalent values Q of the resonance circuits, which we
have obtained through the above approximation, are by
no means high from the point of view of the values that
are inherent to the vibration of the diaphragms. For a
more exact verification, a simple experiment with an
electric resonance circuit and an interrupted sine wave
signal was carried out.

For listening tests a signal was used that was inter-
rupted for an interval of 32 cyeles and switched on
again for another interval of 32 cycles. In the electric
circuit it was possible to set up resonance frequencies of
500 Hz and 1 kHz, as well as Q from 0.5 to 30. The
results of a preliminary experiment for a simple reso-
nance, undertaken with trained listeners, are listed in
Table I1. During the tests, a distorted signal was com-
pared with an equivalent undistorted signal. For repro-
duction a G 610 type loudspeaker was again used. For
each frequency a total of 80 pairs (20 for each value of
Q) were reproduced.

For transient distortion of loudspeakers it is, how-
ever, characteristic that the resulting signal is made up
of a superposition of a distorted signal with an undis-
torted one and that it has the typical form illustrated in
Fig. 7, where the starting amplitude ¢; and the steady-
state amplitude g, are also marked out.

The same case can also be simulated by means of the
experimental circuit used. Simple listening tests with
this type of distortion were undertaken under the same
conditions as the preceding ones. The results are listed
in Table ITI, again as a percentage of correct judgments.

From the table it is evident that the perceptibility
decreases much less than would correspond to a relative
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TABLE II
Q 500 Hz 1 kHz
7 209, 18%,
15 359, 309,
20 559%, 509%,

30 80% 75%

|
|

I
|l

Fig. 7. Typical form of distertion of a test signal.
TABLE III
Q a1/ an 500 Hz 1 kHz
0 804 15%
0.25 75% 75%
30 0.5 659, 60%
0.7 459, 509%

change of the form of the buildup. But, at the same
time, the character of the sound changes, so that, for
instance, the perceptibility of the instances ai/ay=0
and a1/ao=0.5 is higher than the average perceptibility
between the two waveforms and the undistorted signal.

In these tests it was further discovered that sound
character of the waveform according to Fig. 7 changes
very markedly where any “fault” occurs in the buildup.
So, for example, a sharp, very short (narrow) peak at
the beginning of the signal results in a pronounced
change.

The character of the sound changes markedly where
the pulse amplitude in the buildup is only slightly higher
than the starting amplitude a;,. If the buildup is en-
tirely smooth, starting from a zero value, the sound
character is “sinusoidally soft.” This “softness” is lost,
on the one hand, with a decreasing Q value (that is, with
a decreasing distortion) or, on the other hand, with an
increasing ai/a, ratio. The acute pulse at the beginning
produces an additional and pronounced increase of the
so-called “loss of softness,” to the point of a buzzing or
even a cracking sound, periodically concurring with the
periods of the switching of the test signal. A well-per-
ceptible change of the sound arises already with a pulse
that is nearly imperceptible in the oscillograph.

For illustration we may mention some of the results
obtained in tests with speech, where a cutting-off of be-
ginnings of words in a duration between 10 ms and 50
ms was effected. :

This was, for instance, the case of the Czech word
“Trdm.” When a section of 12 ms was successively cut
off from the beginning, the word originally recorded
was perceived as “kram,” “prdm,” and, finally, as




4m” (English equivalents of the words: “beam,”
hop,” “ferry,” “frame.”)

The tests with words were undertaken on a larger
ale. The results are not given in detail because in the
rm in which they were performed they do not have
v immediate relation to the problems under review.
owever, they illustrate very well the complexity of
rception of short signals, particularly at the begin-
ngs of words.

IV. ConNcLUSION

In electroacoustic transducers a considerable distor-
n of transient signals usually takes place. The princi-
reason for a distortion of transient signals in electro-
ustic transducers is the self resonance of the mechan-
lly active elements of the transducers.

As regards the physical {unction of a transducer, the
rrington method of measurement may be taken as
most expedient, inasmuch as it registers the peak
d the rms values of the decay part of the response. In
s case it is possible to determine, from the results of
measurements, for each outstanding partial reso-
ce, in addition to its resonance frequency, values
h as the degree of excitation and the equivalent fac-
of quality or damping. [t is further possible to deter-
ne by this method, for instance for a given frequency
ge, the mean value of energy emitted into the oscil-
ions, related, for instance, to the output radiated in a
ady-state condition, etc.

Other methods of measurement, particularly the
ginal Shorter’s method and the methods derived
m it, have a more indicative character, because the
lues measured are not sufficiently defined.

As regards the perception of transient phenomena in

tural acoustic signals, it has so far not been possible
take an authoritative decision as to an optimum
ethod of measurement. From practical experience it
however, evident that an optical evaluation of the
ansient distortion according to a change of the wave-
rm, particularly by methods borrowed, for instance,
om impulse technique, does not conform to the mech-
ism of hearing and, consequently, leads to incorrect
nclusions. In such instances, inasmuch as no checkup
rough appropriate listening tests is performed, the
ansient distortion by electroacoustic transducers is
ually overestimated. As it is usually not possible to
d a wider simple relationship between an optically
essed transient distortion and the current listening
ts, in which the overall transmission properties of an
ctroacoustic system are evaluated, there may, on the
trary, arise some doubt as to the perceptibility of
distortion of transient signals in general. Such con-
sions are arrived at, for instance, by Larson and
dducci. It is, however, necessary to agree with their
atement that the influence of the distortion of tran-
nt signals in electroacoustic transducers is usually
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overestimated in current commercial literature. It is
also, undoubtedly, impossible to judge the quality of
reproduction of transient signals according to two or
three oscillographic records of a response to the inter-
rupted-sine test signal, as through an appropriate
choice of the frequency of the test signal it is usually
possible, even in a loudspeaker of inferior quality, to
find convenient forms of response and vice versa. (In
spite of this, the method is frequently used in commer-
cial literature.)

From the tests described above it appears that the
auditive perception of even very short forms at the be-
ginning of natural acoustic signals and a perception of
the changes of these forms may be very good under cer-
tain conditions. Thus, for instance, a slow-down of the
buildup of a piano tone by means of the so-called
“slanting cut” of a tape over a length of 50 ms is quite
well discerned by a listener without some experience in
listening to piano music. When the buildup of a tone is
modified by the “slanting cut” over a length of 30 ms,
the perceptibility is still equivalent to 75 percent for
experienced listeners. On the contrary, a simple removal
of the beginning of a piano tone over a length up to 50
ms need not be perceptible at all. However, the removal
of some 12 ms from the beginning of a word that begins,
for instance, with a plosive consonant “t” may result in
a distinct hearing of the consonant “k” instead of the
original “t” at the beginning of the word. The above
examples again illustrate, among other things, the fact
that a simple change of the waveform of a transient sig-
nal need not lead to the simple conclusion as to what is
the change in the quality of sound. The majority of
studies that have investigated the distortion of transient
signals in electroacoustic transducers have been based
primarily on changes of the waveform of the investi-
gated signals. [t will probably be necessary to take as a
point of departure a relative change of the spectrum of
a signal while taking into consideration also the mask-
ing processes in the human ear. It is then possible, for
instance, to explain satisfactorily the perception of very
short impulses with a relatively low amplitude at the
beginning of the investigated signals, etc. But not even
this procedure can be dependably designated as fully
meeting the present requirements.

The methods of measurement used for the investiga-
tion of transient distortion have to be considered rather
from the point of view of a definition of the values
measured and with regard to the ways in which the
measurement results may be reproduced, that is, as a
means of an objective evaluation of the phyvsical func-
tion of a transducer.
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Semiautomatic Speech Intelligibility Measurements

JOHN W

Abstract—A recent study towards the improvement of intelligi-
bility testing techniques has resulted in a very efficient testing pro-
cedure based on the use of the Fairbanks Rhyme Test and a com-
puter. The Fairbanks Rhyme Test permits the actual tests to be
taken quickly and simply, and the computer provides a rapid,
thorough analysis of the test data. Subsequent evaluations of several
vocoders, and of the effects of electrical stimuli upon test subjects;
showed this testing procedure to be quite effective. Small differences
in intelligibility between systems were detected by giving a large
number of tests. A diagnostic evaluation of each system was per-
formed by the computer, which pointed out specific shortcomings of
each system under test.

T IS GENERALLY acknowledged that the only
jl:[ valid methods for evaluating the ability of a com-

munication system to transmit intelligible speech
involve the use of some form of speech intelligibility
test. Unfortunately, even under the best of circum-
stances, intelligibility testing is a laborious, time-
consuming task. Evaluations must be made, however,
regardless of the difficulties, and, with the current
growth of new ideas and developments in speech pro-
cessing, the amount of testing which should be done is
enormous. Therelore, it seemed reasonable to takea
close look at current testing techniques in order to try to
simplify and speed up the operation as much as possible.
A study of this nature was begun about a year ago at
the U. S. Army Electronics Command, Fort Monmouth,
N. ]J. Effort was concentrated on the ways in which a
digital computer could be used to automatically evalu-

Manuscript received June 19, 1967. This paper was presented at
the 1967 IEEE International Conference on Communications,
Minneapolis, Minn.
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ate the test data, although other problems in testing
were also considered. The study has resulted in the
development of a testing procedure which provides a
considerable time and labor savings in test administra-
tion and scoring, and permits a thorough analysis of the
results. This procedure is termed semiautomatic be-
cause, although the subjects make their responses in the
conventional way, the tests are scored and analyzed by
a digital computer. A fully automatic system, in which
the subjects would depress a key, or otherwise signal
their response to an on-line computer, was not at-
tempted due to the extreme complexity of such a sys-
tem.

Considerable thoughtwas given to the problem of
selection of suitable test material. A large number of
well-known and not-so-well-known tests were consid-
ered for the application. The Fairbanks Rhyme Test[!
was ultimately chosen as the most suitable test in this
particular case.

The Fairbanks Rhyme Test consists of 250 words
arranged into 5 lists of 50 words each. Each word in a
list shares a common ending with its counterpart in
every other list. Thus, the first list contains the words
hot, pay, top, etc., and the second list contains got, may,
hop, etc. Answer sheets (Fig. 1) showing the word end-
ings are supplied to the subjects. In each case, the first
letter of the word is missing. The subject, upon hearing
the word, attempts to write down the first letter in the
space provided on the answer sheet. The percentage
intelligibility of the system under test is the percentage
of correct responses to a very large number of words
that have been processed by the system under test.

The Fairbanks Rhyme Test has several important
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